An experimental technique is presented for the determination of normal acoustic properties in a tube, including the effect of mean flow. An acoustic source is driven by Gaussian white noise to produce a randomly fluctuating 'sound field in a tube terminated by the system under investigation. Two stationary. wail-mounted microphones measure the sound pressure at arbitrary but known positions in the tube. Theory is developed, including the effect of mean flow, showing that the incident-and reflected-wave spectra, and the phase angle between the incident and reflected waves, can be determined from measurement of the auto-and cross-spectra of the two microphone signals. Expressions for the normal specific acoustic impedance and the reflection coefficient of the tube termination are developed for a random sound field in the tube. Three no-flow test cases are evaluated using the two-microphone randomexcitation technique: a closed tube of specified length, an open, unbaffled tube of specified length, and a prototype automotive muffler. Comparison is made between results using the present method and approximate theory and results from the traditional standing-wave method. In all cases agreement between the two-microphone random-excitation method and comparison' data is excellent. The two-microphone random-excitation technique can be used to evaluate aenustie properties very rapidly since no traversing is necessary and since random excitation is used (in each of three test eases only 7 sec of continuous data was needed). !n addition, the bandwidth may be made arbitrarily small, within limits, so that the computed properties will have a high degree of frequency resolution. 
Several techniques have been used to determine the normal incidence properties of acoustic systems. The most popular is the standing-wave-ratio (SWR) method where a traversing microphone is used to determine the location and magnitude of successive maxima and minima of the standing-wave pattern in a tube terminated by the unknown system. From this information the normal acoustic impedance and reflection coefficient can be deduced. The technique can be time consuming since the traversing mechanism is usually operated manually and discrete frequency excitation is used. It is recommended x that the tube be at least one wavelength long, which is somewhat unwieldy at low frequencies. It is also suggested that the results be corrected for dissipation 2 if higher accuracy is desired. Errors can aiso occur if the location of the first minimum is not known to a high degree of accuracy. In addition, it may not be possible to use a traversing microphone if the system under study has a small diameter.
Gaticy '• considered the use of a pulse or transient method with a wall-mounted microphone but concluded the technique had the disadvantage of requiring a long tube length, which is inconvenient and results in significant dissipation. The method discussed by Galley is also somewhat laborious since it is a discrete frequency approach. He used a gated sine wave to excite the system, where the duration of the sine-wave excitation was long enough to reach steady state, but short enough to separate in time the incident and reflected waves.
Recently, Schmidt and Johnston 4 used a discrete-frequency technique, to evaluate orifices, employing two wall-mounted microphones at different upstream positions along a tube (note: this should not be confused with the so-cailed '•wo-microphone method" used to measure the impedance of porous resonant expansion chambersS). By measuring the pressure amplitudes at th• two points in the tube, as well as the phase shift between the points, they deduced the reflection coefficient of the sample. Their method did not include the determination of reactive and resistive impedance, but a third microphone located downstream of the orifice was used to measure the transmitted wave amplitude from which they computed transmission coefficients.
Singh and Kaita z have developed an acoustic impulse methed to determine the properties'of small filters used cn refrigeration compressors. They used a wallmounted microphone Iocated midway along a tube connecting an acoustic driver to the system being tested. The excitation was provided by a rec•gular pulse of very short duration supplied to the acoustic driver. A short duration pulse in conjunction with a Iong tube allowed separation of the incident and reflected pulses in the time domain. They repeated the experiment about 100 times to obtain ensemble-averaged time domain signals for the incident and reflected pulses. Ensemble averaging in the time domain removed random pressure oscillations (such as from flow) from the incident and reflected pulses. They also used a second microphone downstream of the system to measure the transmitted pulse for use in computing transmission loss.
Since they performed ensemble averaging in the time domain, the pulse exciting the system had to be very repeatable from sample to sample and accurate synchronization between the samples was crucial. They found it necessary to construct the pulses digitally to satisfy these demands, where a digiLal-to-analog converter was used to generate the corresponding voltage signal supplied to the acoustic driver. An additional constraint involved the selection of the tube length and pulse duration. The tube must be long enough to allow time domain separation of the incident and reflected pulses without intreducing excessive dissipative losses, a problem also encountered by Galley.
One of the problems in using impulse testing with acoustic systems is the difficulty in preducing an acoustic pulse which has sufficient energy at high frequencies to provide an acceptable signal-to-noise ratio between the pulse and flow and/or background noise. Even acoustic drivers with a wide frequency range are usually underdamped, resulting in long transients even when the excitation approaches a true impulse. A better source of pulse excitation for acoustic systems is the electric spark; however, it may not be sufficiently repeatable for the impulse method of Singh and Katra.
The remainder of this paper will discuss a method us- where M=v/c is the Mach number. Consequently, the incident and reflected waves are
•(x, t) = •(t)en•t-•i x•, (la) •r(•, t) = •(t)•'•, •.
(lb} At x= 0 the_ total pressure and particle velocity are
• ( The location of the upstream microphones is not critical, within certain limitations.
The microphones should be located as close to the unknown system as possible so that dissipative losses in the tube are minimized. The microphone spacing should be as small as possible for the same reason. However, each microphone is assumed to measure the sound pressure at a point in the tube, so that for very close microphone spacing the effective spacing (x 2 -x•) is difficult to estimate, particularly for large-diameter microphones. Therefore, the microphone spacing should be much larger than the diameter of the microphones used so that the effective microphone spacing can be assumed to be the distance between the microphone center lines.
III. STATISTICAL CONSIDERATIONS
Since the sound field varies randomly with time, the estimates of the microphone auto-and cross-spectra also will be random variables.
It should be mentioned that the spectral-estimates [Eqs. (12)] are inconsistent and some form of smoothing must be done to reduce the random error to an acceptable level. One method of reducing the random error of a spectrum is to divide the total time record T into n segments of equal length T, and average individual estimates of the spectrum for each of these segments. Smoothing in this manner reduces the random error to 1/•/-• (e.g., for n = 400 the random error would be 5'%), and the spectral bandwidth is
One is tempted to make T, as small as possible so that n is very large for a given length of total time T, thereby reducing the random error to a very small value. However, this leads to a biasing of the spectrum in which spectral peaks are not resolved because the bandwidth is too wide. Consequently, the bandwidth (and therefore T,) should be determined from a knowledge of the frequency resolution needed for the particular quantity being analyzed. This is best done experimentally by trying progressively larger bandwidths until the frequency resolution is insufficient to separate adjacent spectral peaks (note, even' if the input excitation is white noise, the sound spectra may be frequency dependent because, in general, the acoustic system will be reactive).
In evaluating the three test cases a bandwidth of 20 Hz was found sufficient to resolve the sound-pressure spectra. The random error was made acceptable by averaging n = 150 individual spectra.
IV. CALIBRATION
In the linear range the acoustic properties are independent of the sound intensity in the tube; hence absolute calibration of the microphones is unnecessary. However, since there may be differences between the microphone and amplifier systems, a relative calibration 
V. EXPERIMENTAL RESULTS
Three test cases with zero mean flow were used to verify the two-microphone random-excitation technique. Two are classic test cases: a pipe of specified length with a rigid termination and a pipe of specified length open to free space and unbaffied. The results for each . of these two cases were compared with theory, which is well developed and known to be accurate. A third and more practical test case (a prototype automotive muffler for which theory is not well developed) was also investigated and results compared to data obtained using the discrete frequency SWR method.
For the two classic test cases the following properties were determined: power reflection coefficient, phase angle between incident and reflected waves at the system input point (x= 0), and resistive and reactive impedance. 
VI. CONCLUSIONS
The two-microphone random-excitation technique has been shown to be an accurate and reliable method for the determination of normal acoustic properties.
The two-microphone random-excitation technique offers several advantages not found in other measurement techniques. The normal acoustic properties of the test cases were computed with only about ? sec of continuous sampled data, making possible rapid evaluation of samples of porous materials or prototype acoustic filters. This is a considerable savings of time and labor as compared to the standard SWH method using microphone traversing and discrete frequency excitation. The two-microphone random-excitation technique replaces human time and labor with computer processing, an economical trade-off considering the current trends in which labor costs are increasing while computer costs are decreasing.
The use of random excitation permits the evalualion of properties at all frequencies from a single sample of data. In addition to speeding the evaluation of acoustic properties, the use of random excitaUon allows better frequency resolution, necessary for the evaluation of acoustic filters with acoustic properties that are highly frequency dependent. Although any bandwidth may be used, consideration must be given to the random and bias errors and the total amount of data to be sampled.
The two-microphone random-excitation technique does not require the design, construction, and calibration of a complicated probe microphon• and traversing system. However, any difference in the gains or phase shift of the two microphone/amplifier systems must be known and the measured spectra corrected accordingly. This information is usually known from manufacturers' specifications, but it is recommended that a calibration test be performed such as described above.
The two-microphone random-excitation method is potentially useful for evaluating acoustic properties at low frequency, where previous methods require long tubes necessitating correction of the results for dissipation effects. This can be seen from Fig. 8 , where low-frequency data were included. (Test case H was evaluated in an anechoic chamber where background noise at low frequency was minimized. ) If necessary, the microphones can be placed far enough from the system under test to minimize any nearfield or higher-mode effects, a problem in measuring source impedances.
It remains to evaluate the two-microphone randomexcitation technique in the presence of mean flow. Also useful would be an analysis of the statistical errors in computing the acoustic properties from the theory developed.
